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(57) ABSTRACT

A conference mixer includes a unit configured to receive a
plurality of input streams, a spectral voice activity detection
(VAD) unit configured to, for each of the mput streams,
generate and output a spectral VAD decision indicating
whether a frame including data packets 1s voice, a turbo VAD
unit configured to generate and output a turbo VAD decision
that indicates for a frame including data packets which input
stream 1s active, the turbo VAD decision being based on the
spectral VAD decisions and a power-based decision indicat-
ing whether an estimated instantaneous power level of a
frame 1ncluding data packets 1s greater than a power thresh-
old, and a finite state machine (FSM) unit configured to select
which of the mnput streams to output as an active stream based

}}lg:gglég/m; (2006.01) on a plurality of the turbo VAD decisions, the turbo VAD
HO4L 12718 (2006.0:h) decision being based in part on feedback provided by the
HO4M 3/56 (2006.01) FSM.
GI0L 25/78 (2013.01) 3 Claims, 6 Drawing Sheets
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1
CONFERENCE MIXING USING TURBO-VAD

CROSS-REFERENCE TO RELATED
APPLICATION

The present application 1s a continuation application of

U.S. application Ser. No. 13/629,176, filed Sep. 27, 2012,
which claims priority from U.S. Provisional Patent Applica-
tion Nos. 61/540,123, filed Sep. 28, 2011 and 61/607,356,

filed Mar. 6, 2012, the disclosures of all of which are incor-
porated herein 1n their entirety by reference.

BACKGROUND

1. Field

The current disclosure relates to voice communications,
and more particularly, to conference mixing techniques.

2. Background

The background description provided herein is for the pur-
pose ol generally presenting the context of the disclosure.
Work of the presently named inventors, to the extent 1t 1s
described in this background section, as well as aspects of the
description that may not otherwise qualily as prior art at the
time of filing, are neither expressly nor impliedly admaitted as
prior art against the present disclosure.

Conference call technology enables multiple participants,
or conferees, to communicate with each other over a network.
Various currently used conference call technologies employ
Voice Over Internet Protocol (VoIP), which uses the Internet
Protocol (IP) to enable communications over a network, such
as the Internet. Coniference call equipment typically uses
conference mixers which are configured to receive and pro-
cess audio signals from each of the conferees, and to output
appropriate signals to each of the conferees based on confer-
ence mixing algorithms.

The design of conference mixers faces various challenges,
including: the avoidance of treating background noise as a
voice signal, which degrades conference quality, managing
multi-talk periods when several conferees are talking simul-
taneously, maintaining a natural flow 1n a conference despite
interruptions by previously mactive conferees, and maintain-
ing smooth transitions among conferees that avoid clipping
off of a conversation as 1t passes Irom one conieree to another.

SUMMARY

One or more embodiments of the disclosure relate to an
improved method and apparatus for conference mixing.

The conference mixer according to an embodiment uses a
mixing algorithm based on a variation of a Time-Level crite-
rion. In an embodiment, standard VoIP modules as well as
some dedicated modules can be used. The mixing algorithm
according to an embodiment may achieve one or more several
advantageous benefits not achieved by conventional confer-
ence mixers, including, for example, an ability to support
high quality conference calls 1n various noise conditions, low
processing delays, a simple implementation, and reasonable
demands for computational resources. The mixing algorithm
according to embodiments can use simple building blocks to
guarantee simplicity and minimal processing delays. Accord-
ing to embodiments, closed loop feedback laid in the foun-
dations of the mixing algorithm provides noise rejection and
ensures high quality.

It 1s understood, of course, that the mixing algorithm
according to some embodiments 1s not required to achieve
these benefits.
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According to an embodiment, there 1s provided a confer-
ence mixer including an input stream recerving unit config-
ured to receive a plurality of iput streams of data packets
from a corresponding plurality of conterees connected to the
conference mixer; a spectral voice activity detection (VAD)
unit configured to, for each of the input streams, generate and
output a spectral VAD decision indicating whether a frame
including data packets 1s voice; a turbo VAD unit configured
to generate and output a turbo VAD decision that indicates for
a frame including data which of the input streams 1s active, the
turbo VAD decision being based on the spectral VAD deci-
s10ns for each of the input streams and a power-based decision
indicating whether an estimated instantaneous power level of
a frame 1ncluding data packets 1s greater than a power thresh-
old for each of the mput streams; and a finite state machine
(FSM) unit configured to select which of the input streams to
output as an active stream based on a plurality of the turbo
VAD decisions corresponding to a plurality of frames 1n the
input streams.

According to an embodiment, the turbo VAD unit includes
a power estimating unit configured to estimate, for each of the
input streams, the nstantaneous power level of a frame; a
comparing unit configured to compare, for each of the mput
streams, the estimated instantaneous power level of the frame
with the power threshold, the power threshold indicating a
minimum power level of voice data, and to output the power-
based decision based on a result of the comparison; the spec-
tral VAD unit configured to output, for each of the input
streams, the spectral VAD decision; and a multiplier config-
ured to multiply, for each of the mput streams, the power-
based decision and the spectral VAD decision to generate the
turbo VAD decision.

According to an embodiment, the spectral VAD unit 1s
disposed within the turbo VAD unit.

According to an embodiment, the spectral VAD unit
includes a VAD unit implemented 1n accordance with ITU-T
(5.729 annex B recommendation.

According to an embodiment, the conference mixer further
includes a voice monitoring unit configured to, for each of the
input streams, estimate an average voice power level and an
average noise power level of the input stream and to generate
the power threshold based on a weighted average of the esti-
mated average voice power level and the estimated average
noise power level.

According to an embodiment, the FSM unait 1s configured
to generate, for each of the input streams, an activity ratio
indicative of a likelihood that the input stream 1s voice data
based on the turbo VAD decision.

According to an embodiment, the FSM umit generates the
activity ratio such that the generated activity ratio comprises
a numerical value between 0 and 1, wherein the value “0”
indicates a complete absence of voice data 1n the input stream,
and wherein the value approaches the value “1”” as an amount
of the voice data 1n the 1input stream increases.

According to an embodiment, the FSM unit 1s further con-
figured to generate, for each of the input streams, state infor-
mation indicating a current state of the input stream, the
current state indicative of whether the input stream 1s cur-
rently carrying voice data, and feedback the state information
to the voice monitoring unit, and the voice monitoring unit 1s
turther configured to estimate the average voice power level
and the average noise power level of the mnput stream based at
least 1n part on the state information feedback from the FSM
unit.

According to an embodiment, the FSM umit generates the
state information to indicate one of the following current
states ol the input stream: (a) an active state indicating that the
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input stream 1s currently carrying voice data, (b) a not active
state indicating that the input stream 1s currently not carrying
any voice data, (¢) a fade-in state indicating that the mput
stream 1s transitioning from the not active state to the active
state, and (d) a fade-out state indicating that the input stream
1s transitioning irom the active state to the not active state.

According to an embodiment, the conference mixer further
includes a gain control unit configured to, for each of the input
streams, adjust a gain based on the estimated average voice
power level of the mput stream and the estimated average
noise power level of the input stream.

According to an embodiment, the conference mixer further
includes a noise suppressor configured to, for each of the
input streams, suppress noise based on the estimated average
voice power level of the input stream and the estimated aver-
age noise power level of the input stream.

According to an embodiment, a method of conference mix-
ing 1ncludes receiving a plurality of mput streams of data
packets from a corresponding plurality of conferees; gener-
ating and outputting a spectral VAD decision indicating
whether a frame including data packets 1s voice for each of the
input streams; generating and outputting a turbo VAD deci-
s1on that indicates for a frame including data packets which of
the mput streams 1s active, the generating and outputting of
the turbo VAD decision being based on the spectral VAD
decisions for each of the input streams and a power-based
decision indicating whether an estimated instantaneous
power level of a frame 1s greater than a power threshold for
cach of the mput streams; and selecting which of the input
streams to output as an active stream based on a plurality of
the turbo VAD decisions corresponding to a plurality of
frames 1n the mput streams.

According to an embodiment, the method further includes
estimating, for each of the 1nput streams, the instantaneous
power level of a frame; comparing, for each of the input
streams, the estimated instantaneous power level of the frame
with the power threshold, the power threshold indicating a
mimmum power level of voice data, and outputting the
power-based decision based on a result of the comparing;
outputting, for each of the input streams, the spectral VAD
decision; and multiplying, for each of the input streams, the
power-based decision and the spectral VAD decision to gen-
erate the turbo VAD decision.

According to an embodiment, the generating and output-
ting of the spectral VAD decision includes generating and
outputting the spectral VAD decision using a spectral VAD
unit disposed within a turbo VAD unit used to generate the
turbo VAD decision.

According to an embodiment, the generating and output-
ting of the spectral VAD decision includes using a VAD umit
implemented 1n accordance with ITU-T (.729 annex B rec-
ommendation to generate and output the spectral VAD deci-
S101.

According to an embodiment, the method further includes,
for each of the input streams, estimating an average voice
power level and an average noise power level of the input
stream and generating the power threshold based on a
weighted average of the estimated average voice power level
and the estimated average noise power level.

According to an embodiment, the method further includes,
for each of the input streams, generating an activity ratio
indicative of a likelihood that the 1nput stream 1s voice data
based on the turbo VAD decision.

According to an embodiment, the generating of the activity
rat1o mcludes generating the activity ratio such that the gen-
erated activity ratio comprises a numerical value between O
and 1, wherein the value “0” indicates a complete absence of
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voice data in the iput stream, and wherein the value
approaches the value *“1” as an amount of the voice data 1n the
input stream increases.

According to an embodiment, the method further includes
generating, for each of the mnput streams, state information
indicating a current state of the input stream, the current state
indicative of whether the input stream 1s currently carrying
voice data, and feeding back the state information, and esti-
mating the average voice power level and the average noise
power level of the input stream based on the state information
teedback.

According to an embodiment, the generating of the state
information includes generating the state information to indi-
cate one of the following current states of the input stream: (a)
an active state indicating that the mput stream 1s currently
carrying voice data, (b) a not active state indicating that the
input stream 1s currently not carrying any voice data, (c) a
fade-1n state indicating that the mput stream 1s transitioning
from the not active state to the active state, and (d) a fade-out
state indicating that the input stream 1s transitioning from the
active state to the not active state.

DRAWINGS

FIG. 1 1s a block diagram illustrating a conference mixer
according to an embodiment;

FIG. 2 1s a state diagram 1llustrating an algorithm used by
a Finite State Machine (FSM) unit according to an embodi-
ment,

FIG. 3 1s a graph illustrating the relationship between
score, activity ratio and current state according to an embodi-
ment;

FIG. 4 1s a flow diagram 1illustrating a conference mixing,
method according to an embodiment;

FIG. 5 1s a flow diagram 1illustrating a conference mixing,
method according to another embodiment; and

FIG. 6 1s a flow diagram 1illustrating a conference mixing,
method according to yet another embodiment.

DETAILED DESCRIPTION

Embodiments will be described below in more detail with

reference to the accompanying drawings. The following
detailed descriptions are provided to assist the reader 1n gain-
ing a comprehensive understanding of the methods, appara-
tuses, and/or systems described herein. Accordingly, various
changes, modifications, and equivalents of the systems, appa-
ratuses and/or methods described herein will be suggested to
those of ordinary skill in the art. Also, descriptions of well-
known functions and constructions may be omitted for
increased clarity and conciseness.
The terms used in the description are intended to describe
embodiments only, and shall by no means be restrictive.
Unless clearly used otherwise, expressions 1n a singular form
include a meaning of a plural form. In the present description,
an expression such as “comprising” or “including” 1is
intended to designate a characteristic, a number, a step, an
operation, an element, a part or combinations thereof, and
shall not be construed to preclude any presence or possibility
ol one or more other characteristics, numbers, steps, opera-
tions, elements, parts or combinations thereof.

FIG. 1 1s a block diagram illustrating a conierence mixer
102 according to an embodiment. As shown i FIG. 1, the
conference mixer 102 1s connected over a network 101 to a
plurality of conferees, including conferee 100-1, conferee
100-2, conteree 100-3, and through conferee 100-7. The loca-

tion of the mixer 102 relative to the conterees 100 1s flexible.
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For example, the conference mixer 102 1s associated with a
network gateway or other network switch device associated
with a conferee. In an example, equipment of one of the
conferees 200 1s coupled to the gateway/network device, and
other conferees are coupled over the Internet. Alternatively,
the conference mixer 102 1s centrally located with all of the
conferees coupled to the conference mixer 102 over an Inter-
net connection.

The network 101 1s a communication network or combi-
nation of various communication networks. For example, in
an embodiment, the network 101 1s a packet-switched net-
work, such as the global, IP-based Internet, and the network
101 may further encompass various entities used to access the
Internet, such as, for example, Internet service providers
(ISPs). A detailed description of various entities involved 1n
connecting to the Internet 1s omitted to avoid obfuscating
teachings of the present disclosure.

Conferee 100-1 uses a conference call communications
device, such as a personal computer, a telephone, or another
type of electronic device capable of commumicating with the
other conferees 100-2 through 100-7. The conierence call
communications device of conferee 100-1 typically includes
several components used to participate 1n a conference call,
such as a microphone to mput the voice data of conferee
100-1 to the other contferees 100-2 through 100-2 via the
conference mixer 102, and a speaker to output voice data
transmitted from one or more of the other confereces 100-2
through 100-% via the conference mixer 102. The conference
call communications device of the conferees 100 may vary.
For example, 1 the conference mixer 102 1s associated with a
network gateway or other network switch device and one of
the conferees 200 1s coupled to the gateway/network device,
the conferee will have additional connection devices connect-
ing the conferee to the conference mixer 102.

As shown 1 FIG. 1, when conferee 100-1 desires to par-
ticipate 1n the conference call, conferee 100-1 speaks 1nto his
or her conference call communications device and thereby
transmits an mnput stream I, of voice data over the network
101 to the conference mixer 102. The mput stream I, of
conferee 100-1 includes data packets corresponding to the
voice data of conteree 100-1. The data packets are arranged 1n
frames k, k+1, k+2, which are digital data transmission units.
FI1G. 1 illustrates conferees 100-1, 100-2, 100-3 and 100-7
respectively mputting input streams I,, I,, I, and I, to the
conference mixer 102. Some of these input streams may be
comprised of actual voice data communicated by the confer-
ces, and other of these input streams may be comprised of
non-voice data, such as, for example, background noise gen-
crated by the conferee’s environment.

In contrast to conventional conference mixers, which have
difficulty distinguishing unwanted non-voice data (e.g., back-
ground noise) from voice data, the conference mixer 102 1s
configured to etfectively filter out unwanted non-voice data
from a conference. Additionally, the conference mixer 102
achieves various improvements over conventional confer-
ence mixers, including adequately manages multi-talk peri-
ods when several conferees are talking simultaneously,
acknowledges an 1nactive conferee’s interruption into discus-
sion to retain the natural flow of the contference, and maintains
smooth transitions between conferees. To achieve these and/
or other benefits over the conventional conference mixers, the
conference mixer 102 according to an embodiment utilizes a
novel component, referred to as the Turbo Voice Activity
Detection (VAD) unit 110, also referred to as a Turbo-VAD
unit, which generates a Turbo-VAD decision that 1s used to
enable fast threshold adjustment and to maintain high quality
conference calls in noisy conditions.
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It 1s noted that conventional VAD techniques inherently are
biased towards voice decisions, in other words, biased
towards deciding a sound 1s voice even 1f the sound 1s not
actual voice data of a conferee. This 1s because a primary
functionality of conventional VAD techniques is to reduce
Band Width 1n point to point VoIP calls without introducing
voice degradation. In conference calls, however, this bias 1s
undesirable since undetected noise from one coniferee may be
mixed together with voice from another conferee or, even
worse, mask it altogether. As such, conventional VAD tech-

niques are typically not deemed suitable for conference call
mixing. The Turbo VAD unit 110, employing a modified VAD

technique which 1s suitable for conterence call mixing, waill
be described 1n detail below.

In order to keep the mixing algorithm used by the confer-
ence mixer flexible, only a few external inputs are defined for
the algorithm. The main puts, i accordance with an
embodiment, are shown 1in FIG. 1, and are described below.
Implementation of the units which are described below may
change, while retaining the same interface.

The conference mixer 102 includes, 1n an embodiment, an
input stream receiving unit 104, a gain control unit 106, a
voice monitoring unit 108, a turbo VAD unit 110, a noise
suppression unit 112, a finite state machine (FSM)unit 114, a
score calculating unit 116, a mixing unit 118, a coetficient
calculating unit 120, a com{iort noise generating unit 122, an
output stream transmitting unit 124, and a comfort noise
transmitting unit 126. These components are coupled
together as seen in FIG. 1.

The mput stream receiving unit 104 1s a component con-

figured torecerve the mnput streams I, I, 15, and I, transmaitted
from the conferees 100-1, 100-2, 100-3 and 100-7, respec-

tively. In an embodiment, the mput stream receiving unit 104
1s a component which 1s configured to recerve digital signals,

and functions as an interface between the conterence mixer
102 and the conterees 100-1, 100-2, 100-3 and 100-%. In an

embodiment, the input stream receiving unit 104 1s a logical
block implemented in software. The input streams may origi-
nate at the network, a VoIP phone, etc. In an embodiment, the
input stream recerving unit 104 receives a plurality of mput
streams of data packets from a corresponding plurality of
conierees connected to the conference mixer 102.

The voice monitoring unit 108 includes a voice power
estimating unit 128, a noise power estimating unit 130, and a
threshold generating unmt 132.

The voice power estimating unit 128 and noise power
estimating unit 130 continuously measure average voice and
noise power of an input stream according to a state of FSM
114, in an embodiment. These measurements are used by the
Turbo VAD unit 110 and for the activation of the gain control
unit 106 and the noise suppressionunit 112 (if enabled). More
specifically, as shown 1n FIG. 1, the voice power estimating,
unit 128 and the noise power estimating unit 130 are con-
nected to the mput stream recerving unit 104 to recerve input
stream mnformation. Furthermore, the voice power estimating
umt 128 and the noise power estimating unit 130 are also
connected to the finite state machine unit 114 to receive state
information and to calculate the average voice and noise
power ol the input stream based on the received state infor-
mation.

The voice power estimating unit 128 and noise power
estimating unit 130 are activated according to a system state
and use autoregressive calculation, 1n an embodiment. The
voice power estimating unit 128 has a leakage property con-
figured to avoid deadlocks (which may result for example
from very intensive noise that 1s erroneously classified as
voice by the spectral VAD unit 136). The estimation scheme
1s given below by Equation 1 (where k denotes a frame 1index,
and P, denotes frame k power):
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(1 = voice) x* Voice_Est, | + ypice * P, state = ACTIVE
Voice_Est, =< (1 — Lieakage) * Voice_Est,_, state = NOT ACTIVE
| Voice_Est,_,, else
_ (1 — &noise) x Noise_Est, | + ppise * Pr, state = NOT ACTIVE
Noise_Est, = _
Noise Est,_|, else

As shown 1n Equation 1, the average voice power estimate
for a given frame k 1s calculated using one of three formulas,
depending on whether the state information transmitted from
the FSM unit 114 indicates an “ACTIVE” state, a “NOT
ACTIVE” state, or another state such as a transition state from
ACTIVE to NOT ACTIVE, or vice versa. Also, the average

noise power estimate for a given frame k 1s calculated using
one of two formulas, depending on whether the state infor-
mation transmitted from the FSM unit 114 indicates a “NOT
ACTIVE” or another state such as a transition state.

The average noise and voice power estimates are nitial-
1zed, 1n an embodiment, with —40 dBm value. This value 1s
relatively low, hence 1n case the spectral VAD unit 136 1ncor-
rectly indicates voice, the system will adapt only when actual
voice 1s mnput.

The coefficients C should satisfy the following relations:
Cieatase<Croree~CNOISEC o2 Gponsers - The reason is that
voice and noise estimations represent long term levels (1-10
seconds) which are used for threshold and gain control.
Power estimation, on the other hand, 1s used for activity
decision per frame and hence represents an instantaneous
power level (50-100 ms).

The threshold generating unit 132 generates a power
threshold based on the average voice and noise power esti-
mations calculated by the voice power estimating unit 128
and noise power estimating unit 130, respectively, and trans-
mits the generated power threshold to the comparing unit 138
in the Turbo VAD unit 110. In an embodiment, the power
threshold 1s calculated as a weighted average of the noise and
voice power levels (in dBm units) with some modifications—
the threshold 1s kept between —40 to —-20 dBm and not below
the value of (Voice_Est,—10 dB). Alternatively the power

threshold 1s calculated 1n any other suitable manner. The
power threshold 1s used by the Turbo VAD unit 110 as an
indicator of a mimmum power level of voice data, as will be
explained later.

The Turbo VAD unit 110 generates a Turbo VAD decision,
in an embodiment, using a closed loop feedback scheme to
enable fast threshold adjustment and to guarantee high qual-
ity conference calls in noisy conditions. The Turbo VAD
decision indicates, on a frame-by-iframe basis, whether a
given frame 1s “active” (also referred to as “voiced”), 1n other
words, whether the frame 1s voice data, or “inactive” (also
referred to as “unvoiced™), 1n other words, whether the frame
1s non-voice data.

The Turbo VAD unit 110 includes an instantaneous power
estimating unit 134, a spectral VAD umt 136, a comparing
unit 138, and a multiplier 140.

The instantaneous power estimating unit 134 estimates the
average power of an mput stream on an instantaneous, 1.€.
frame-by-iframe, basis 1n an embodiment. The instantaneous
power ol a given frame includes the power from both voice-
data and non-voice data (e.g., background noise) of the given
frame, 1n other words, the overall power. In an embodiment,
the instantaneous power estimating unit 134 estimates the
average 1nstantancous power according to the following
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Equation 1

Equation 2: (k denotes frame index, P, denotes {frame k power
and Power_Est, denotes average power estimation on step k):

11(P,>Power_Est; ) Equation 2

Power_ Est,=(1- y¥Power_Est; (+C ., 01 Py

Zpawer 1 ower

else

Power_Est;,=(1- 2)*Power_Esty |+C .00 ™Pr

t»pawer

Where C,

ower l power2:

Equation 2 1s used 1n order to provide fast reaction on
silence to talk transitions.

The nstantaneous power estimating unit 134 then trans-
mits the estimated instantaneous power level of the given
frame to the comparing unit 138.

The comparing unit 138 compares the estimated 1nstanta-
neous power level of the given frame transmitted from the
instantaneous power estimating unit 134 to the power thresh-
old transmitted from the threshold generating unit 132 and
generates a power-based decision indicative of whether the
estimated instantaneous power level of the given frame 1s
greater than the power threshold based on the comparison.
The power-based decision 1s positive (a value o1 1) 11 and only
if the estimated 1nstantaneous power level 1s greater than the
value of the power threshold. Otherwise, the power-based
decision 1s negative (a value of 0). The comparing unit 138
then outputs the generated power-based decision to the mul-
tiplier 140. One or several ol the components which operate to
generate the power-based decision can be considered to be a
“power-based VAD unit.” For example, the comparing unit
138, instantaneous power estimating unit 134, and threshold
generating umit 132 can be considered to be a “power-based
VAD unit.”

The spectral VAD unit 136 receives the input stream from
the input stream recerving unit 104 and generates a spectral
VAD decision based on the recerved mput stream. The spec-
tral VAD unit 136 generates the spectral VAD decisions on a
frame-by-iframe basis. In an embodiment, the spectral VAD
unmit 136 1s a sub-block implemented 1n accordance with
ITU-T G.729 annex B recommendation, although the spectral
VAD unit 136 may also be implemented in other suitable
ways. The spectral VAD unit 136 outputs a positive spectral
VAD decision (a value of 1) if the spectral VAD unit 136
determines that the mput stream 1s voice. Otherwise, the
spectral VAD unit 136 outputs a negative spectral VAD deci-
sion (a value of 0). The spectral VAD umt 136 transmits the
generated spectral VAD decision to the multiplier 140. In an
embodiment, the spectral voice activity detection (VAD) unit
generates and outputs a spectral VAD decision for each of a
plurality of input streams 1indicating whether a frame of data
packets of a conieree 1s voice.

The multiplier 140 performs a logical multiplication opera-
tion on the power-based decision output from the comparing
unit 138 and the spectral VAD decision output from the spec-
tral VAD unit 136 to generate a turbo-VAD decision for a
given frame. If both the power-based decision and the spectral
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VAD decision are positive (values of 1), the multiplier 140
outputs a positive turbo VAD decision (value of 1) for the
given frame. Otherwise, the multiplier 140 outputs a negative
turbo VAD decision (value of 0) for the given frame. Thus, the
turbo-VAD decision 1s the logical product of the spectral VAD

decision and the power-based decision, in an embodiment.
The turbo-VAD decision for a given frame 1s then transmaitted
to the FSM unit 114.

FIG. 2 15 a state diagram illustrating an algorithm used by
the FSM unit 114 to select whether to output a stream of
frames as voice, according to an embodiment. The current
state (active 203, not active 204, fade 1n 205, or fade out 206)
1s indicative of whether the input stream 1s currently carrying
voice data and whether the mput stream 1s 1n a transition
period. As shown 1n FIG. 2, the algorithm used by the FSM
unit 114 calculates an “‘activity ratio”, represented by the
variable “ar,” which has a value between O and 1, for the input
stream of each conferee. The activity ratio may be thought of
as a softened VAD decision. Additional softening 1s per-
tormed when the activity ratio 1s translated into score, which
will be described later. In an embodiment, the FSM unit 114
selects which of the input streams to output as an active
stream based on a plurality of the turbo VAD decisions cor-
responding to a plurality of frames in the respective input
streams.

A transition decision 1s made on every frame. Index k
denotes the current frame. VAD), denotes the turbo-VAD deci-
sion for frame k of an mnput stream of one of the conferees.
The vanable “ar” denotes the conferee’s calculated activity
rat1o. The variable “fi_delta” denotes the fade-1n delta, which
1s used to determine the change in activity ratio while 1n a
Front End (fade 1n) state, 1.¢., when a conferee 1s transitioning
from an 1inactive state to an active state during the discussion.
The variable “fo_delta” denotes the fade-out delta, which 1s
used to determine the change 1n activity ratio while 1n the
Hangover (fade out) state, 1.e., when a conferee 1s transition-
ing from an active state to an inactive state. In an embodiment,
a complete transition between Not Active and Active states
during VAD=1 takes about 60 ms (6 frames), and the reverse
transition between Active and Not Active states during
VAD=0 will take about 600 ms (60 frames). It 1s understood
that the transition times may differ according to other
embodiments. It 1s noted that this 1s only an optional imple-
mentation of the FSM unit 114. Other implementations are
also possible.

Thus, the turbo VAD decision (“VAD” 1n FIG. 2) provides
a per Iframe indication of whether or not a given stream
contains voice. It 1s noted, however, that giving precedent to
one of the conferees based on a per frame determination of
which caller 1s active may result 1n a poor conference expe-
rience. Consequently, the FSM unit 114 smears the per frame
decisions to generate decisions based on multiple frames.
Downstream of the FSM unit 114, the possible decisions are:
(1) stream active (e.g., when a conferee 1s talking), (2) stream
not active (e.g., when a conferee 1s silent), (3) fade-n (e.g.,
when a conferee transitions from silence to talking), and
fade-out (e.g., when a conferee transitions from talking to
silence). After calculating an activity ratio for a given frame,
the FSM unit 114 then transmits the calculated activity ratio
to the score calculating unit 116 (FIG. 1) to calculate a score,
which 1s a value between 0 and 1, which may be thought of as
a final soft VAD decision, and transmaits the state information
back to the voice monitoring unit 108 as dynamic feedback, to
beused by the voice monitoring unit 108 to perform voice and
noise power estimations, as explained above.

As a result of this configuration, the voice monitoring unit

108, the turbo VAD unit 110 and the FSM unit 114 form a
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dynamic feedback closed loop. The FSM unit 114 feeds back
the state information to the voice monitoring unit 108, the
voice monitoring unit 108 generates a power threshold based
on the state information, the turbo VAD unit 110 uses the
generated power threshold 1n the calculation of a turbo VAD
decision (specifically, in the comparison between the esti-
mated 1nstantaneous power level and the generated power
threshold performed at the comparing umit 138), and the FSM
unit 114 uses the turbo VAD decision to determine the state
information. Thus, the state information, the generated power
threshold, and the turbo VAD decision can all be considered to
be types of dynamic feedback.

FIG. 3 1s a graph illustrating the relationship between
score, activity ratio and current state according to an embodi-
ment. As shown 1n FIG. 3, the score 301 depends on both the
activity ratio 302 and the current state (active 303, not active
304, fade 1n 303, or hangover 306) of a given frame. Thus, the
same activity ratio 302 may yield difference scores, depend-
ing on the current state of a frame. According to an embodi-
ment, the fade-out (hangover) state 306 will be given priority
over the fade-1n state 305, so as to give priority to a conferee
who has been active 1 the immediately preceding frames
over a conferee who has been inactive in the immediately
preceding frames. However, these relationships are merely
examples. It 1s noted that, in an embodiment, priority 1s con-
figurable and may be assigned in many different ways.

The score calculating unit 116 converts the activity ratios
into scores, where the conversion depends on the FSM state.
In an embodiment, the score calculating unit 116 calculates
cach conferee’s score using fade in/out functions. The score 1s
a value between 0 and 1.

The score 1s calculated 1n an embodiment using the ar
(activity ratio) and the current state according to the following
Equation 3:

for (n #m) { Equation 3
1t (state(n) == ACTIVE)

score(n) = 1

else 1f(state(n) == NOT ACTIVE)
score(rn) =0

else 1f (state(rn) == FADE IN)
score(n) = filar)

else 1f (state(n) == FADE OUT)
score(n) = folar)

}

score(m) = 0

where

1 +tanh{{ar — 0.5 — a_f1)- A)
5 ;
folar) = 1 + tanh({ar —5.5 —a _fo)-A)

a_t1=0.05, a_to=-0.05,A =7

filar) =

In Equation 3, the varniable “state(n)” denotes the current
FSM state of conferee n, “m™ denotes the output port for
which the algorithm 1s applied, and “score(n)” denotes the
score which corresponds to conferee n 1n this algorithm. The
masking done by “score(m)=0" 1s performed so that the out-
put stream on port m will be independent of the input on port
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m. Two different functions, fi{ar) and fo(ar), are used for fade
in/out 1n order to achieve hysteresis. The score calculating
unit 116 then transmits the calculated score to the coellicient
calculating unit 120.

It 1s noted that the score calculating unit 116 1s useiul when
mixing coellicients are proportional to the score. In other
embodiments, for example, when coellicients are calculated
through speaker selection, 1t 1s possible to eliminate the score
calculating unit by setting score=ar.

The coetlicient calculating unit 120 calculates mixing
coelficients based on the score. In an embodiment, the coet-
ficient calculating unit 120 calculates the mixing coetficients
according to the following scheme. It 1s noted that the follow-
ing scheme 1s an example only, and that other ways to calcu-
late mixing coellicients may alternatively be used. In the
implementation below, speaker selection 1s used. Speaker
selection can also be implemented in many different ways.

First, a weight vector 1s calculated. Weights are instanta-
neous coeldlicients. Final coellicients are generated as time-
averages ol instantaneous coellicients. This scheme 1s used 1n
order to avoid abrupt transitions.

Next, up to two active conierees with maximal scores are
selected. In case two conferees are selected, each selected
conferee 1s assigned a weight o1 0.5. Alternatively, in case one
conferee 1s selected, the selected conferee 1s assigned a
weight of 1. All other conferees are assigned a weight of 0.

Next, the final coelficient 1s calculated for a given frame. To
calculate the final coetlicient, the coefficient calculating unit
120 denotes by W(k) the weight vector for frame #k and by
C(k) the coellicient vector for the given frame. Equation 4 1s
used to calculate the final coeflicient:

Ch)=2._5"a, Wi-i) Equation 4
Where L=12, (a,, . . . , a,_)=(0.2864, 0.2175,
0.1155, ..., 0.0333). These values were selected 1n a way

which results 1n a logarithmic rise/fall of the coetlicients.
Once the final coetlicient 1s calculated, the coetficient calcu-
lating unit transmits the final coelfficient to the mixing unit
118.

The mixing unit 118 performs the actual mixing according,
Equation 5, 1n an embodiment:

1o

i —

y, =2, Equation 5

where y,” 1s sample j on output port m, X" 1s sample j on
input port n aiter gain control and noise suppression (when
cnabled). Furthermore, k 1s the index of the frame that con-
tains sample j and ¢, 1s the mixing coeflicient related to
input stream n 1n the calculation of output stream m. Note that
c,”"=0.

The gain control unit 106 uses signal and noise average
levels that are generated 1n the voice monitoring unit 108 to
amplify quiet conferees and to attenuate loud conferees. The
operation performed by the gain control umt 106 improves
upon a conventional automatic gain control (AGC) by using
reliable data that 1s generated with the use of all algorithm
components. It 1s desirable to give different gains for Wide
Band (WB) and Narrow Band (NB) mputs in order to com-
pensate for poorer NB quality 1n an embodiment. After per-
forming gain control operations, the gain control unit 106
outputs the data subjected to the gain control operations to the
noise suppression unit 112.

In an embodiment, the noise suppression unit 112 is acti-
vated for noisy conferees, achieving high quality noise sup-
pression. It 1s noted that the use of the noise suppression unit
112 may be expensive 1in terms of computational resources,
and may therefore be modified or omitted in other embodi-
ments. The noise suppression unit 112 performs noise sup-
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pression operations on the data and outputs the data subjected
to the noise suppression operations to the mixing unmt 118.

The output streams are then calculated by the mixing unit
118 using the 1nput streams (which may be modified by the
gain control unit 106 and/or the noise suppression unit 112, 1f
activated) and the mixing coellicients.

The output stream transmitting unit 124 transmuits the cal-
culated output streams to the conferees.

The comiort noise generating unit 122 generates voice
activity tlag and noise level (collectively referred to as com-
fort noise generating information) for the use of a CNG
(Comiort Noise Generator) at the recervers of the conferees.
CNG provides attenuated or otherwise synthesized back-
ground noise, in an embodiment, and 1s used to avoid total
silence so as to recreate a suitable simulated background and
provide an audible continuity during periods of voice 1nac-
tivity. The voice activity flag corresponds to the FSM state. IT
the state of all the relevant conferees 1s NOT ACTIVE voice
activity flag 1s set to 0 (unvoiced), and 1n any other case the
flag 1s set to 1 (voice). The noise level 1s taken directly from
the voice monitoring unit 108. The comiort noise transmitting
unmit 126 transmits the generated comiort noise generating
information to the receivers of the conferees, and the receiv-
ers generate comiort noise based on the received comiort
noise generating information.

It 1s noted that, depending on the selected architectural
arrangement, each of the logical blocks shown 1n FIG. 1 1s
operative 1n response to the mputs that 1t receives, or 1s con-
trolled by a control block (not seen).

FIG. 4 1s a flow diagram 1illustrating a conference mixing
method according to an embodiment. The description of the
conference mixing method 400 shown 1n FIG. 4 assumes,
merely as an example, that the method 1s performed by the
conference mixer 102 shown 1n FIG. 1 and described above.
However, it 1s understood that the conference mixing method
400 may be performed by numerous other types of suitable
coniference mixers.

In operation 401, an input stream of packets corresponding,
to sound 1s received. For example, the mput stream recerving
unmit 104 recerves an mput stream of packets corresponding to
sound.

In operation 402, an average voice power level and an
average noise power level of the input stream 1s estimated,
and a power threshold based on the estimated voice and noise
power levels 1s generated. For example, the voice power
estimating unit 128 estimates the average voice power level,
the noise power estimating unit 130 estimates the average
noise power level, and the threshold generating unit 132 gen-
erates a power threshold based on the estimated average voice
and noise levels.

In operation 403, an 1nstantaneous power level of an 1nput
stream 1s estimated and a turbo VAD decision based on the
estimated 1nstantaneous power level and the power threshold
1s output. For example, the instantancous power estimating
unmt 134 estimates the instantaneous power level of an input
stream, and the turbo VAD umit 110 outputs a turbo VAD
decision based on a comparison between the estimated
instantaneous power level and the power threshold at the
comparing unit 138. It 1s further noted that the turbo VAD
decision can also be based on other criteria as well, including,
for example, a spectral VAD decision output from the spectral
VAD unit 136.

In operation 404, a determination 1s made as to whether to
generate an output stream based on a plurality of output turbo
VAD decisions corresponding to a plurality of frames 1n the
input stream. For example, the conference mixer 102 decides
whether to generate an output stream based on a plurality of
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turbo VAD decisions output from the turbo VAD unit 110 and
processed by the finite state machine 114 and other compo-
nents (e.g., score calculating unit 116, coelficient calculating,
unit 120, mixing umt 118, etc), as described above with
respect to FI1G. 1.

FIG. 5 15 a flow diagram 1llustrating a conference mixing,
method according to another embodiment. Like FIG. 4, the
description of the conference mixing method 500 shown 1n
FIG. 5 assumes, merely as an example, that the method 1s
performed by the conference mixer 102 shown 1n FIG. 1 and
described above. However, it 1s noted that the conference
mixing method 500 may be performed by numerous other
types of suitable conference mixers.

In operation 501, an input stream of packets corresponding,

to sound 1s recerved. For example, the input stream receiving,
unit 104 receives an mput stream of packets corresponding to
sound.

In operation 502, dynamic feedback related to the input
stream 1s recetved and a turbo VAD decision based on the
dynamic feedback 1s output. For example, the dynamic feed-
back can be the power threshold generated by the threshold
generating unit 132, the comparing unit 138 can receive the
power threshold, and the turbo VAD decision can be output
based on the recerved power threshold. Alternatively, the
dynamic feedback can be the state information output from
the FSM unit 114. It 1s further noted that the turbo VAD
decision can also be based on other criteria as well, including,
for example, a spectral VAD decision output from the spectral
VAD unit 136.

In operation 503, a determination 1s made as to whether to
generate an output stream based on a plurality of output turbo
VAD decisions corresponding to a plurality of frames 1n the
input stream. For example, the conference mixer 102 decides
whether to generate an output stream based on a plurality of
turbo VAD decisions output from the turbo VAD unit 110 and
processed by the finite state machine 114 and other compo-
nents (e.g., score calculating unit 116, coetficient calculating,
unit 120, mixing umt 118, etc), as described above with
respect to FI1G. 1.

FIG. 6 1s a flow diagram 1llustrating a conference mixing,
method according to yet another embodiment. Like FIG. 4,
the description of the conference mixing method 600 shown
in FIG. 6 assumes, merely as an example, that the method 1s
performed by the conference mixer 102 shown 1n FIG. 1 and
described above. However, it 1s noted that the conference
mixing method 600 may be performed by numerous other
types of suitable conference mixers.

In operation 601, an input stream of packets corresponding,
to sound 1s received. For example, the input stream recerving,
unit 104 a plurality of input streams of data packets from a
corresponding plurality of conferees.

In operation 602, a spectral VAD decision based on the
input stream 1s generated and output. For example, the spec-
tral VAD umt 136 generates and outputs a spectral VAD
decision indicating whether a frame of data packets 1s voice
for each of the mput streams.

In operation 603, a turbo VAD decision based on the spec-
tral VAD decision and a power-based decision 1s generated
and output. For example, the turbo VAD unit 110 generates
and outputs a turbo VAD decision that indicates for a frame of
data packets which of the input streams 1s active. More spe-
cifically, the turbo VAD unit 110 generates and outputs the
turbo VAD decision based on the spectral VAD decisions for
cach of the mput streams and a power-based decision indi-
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cating whether an estimated 1nstantaneous power level of a
frame 1s greater than a power threshold for each of the mput
streams.
In operation 604, a determination 1s made as to whether to
generate an output stream based on a plurality of output turbo
VAD decisions corresponding to a plurality of frames in the
input stream. For example, the conference mixer 102 selects
which of the input streams to output as an active stream based
on a plurality of the turbo VAD decisions corresponding to a
plurality of frames 1n the input streams. The conference mixer
102 makes the selection based on a plurality of turbo VAD
decisions output from the turbo VAD unit 110 and processed
by the finite state machine 114 and other components (e.g.,
score calculating unit 116, coelficient calculating unit 120,
mixing unit 18, etc), as described above with respect to FIG.
1.
Although the inventive concept has been described above
with respect to the various embodiments, 1s noted that there
can be a variety of permutations and modifications of the
described illustrative features by those who are familiar with
this field, without departing from the technical i1deas and
scope of the features, which shall be defined by the appended
claims.
A number of examples have been described above. Never-
theless, 1t 1s noted that various modifications may be made.
For example, suitable results may be achieved 1f the described
techniques are performed 1n a different order and/or 11 com-
ponents 1n a described system, architecture, device, or circuit
are combined 1n a different manner and/or replaced or supple-
mented by other components or their equivalents. Accord-
ingly, other implementations are within the scope of the fol-
lowing claims.
What 1s claimed 1s:
1. An electronic apparatus, comprising;:
a receiver configured to receive frames of data packets, the
frames of data packets corresponding to voice data from
a plurality of speakers; and

a detector configured to, for each of the frames, generate a
first decision estimating whether a given frame com-
prises voice data of a specific speaker among the plural-
ity of speakers based on spectral properties indicating
power and spectral frequency of data packets in the
given Irame, generate a second decision indicating
whether an instantaneous power level of the given frame
exceeds a power threshold, generate a third decision
indicating whether the given frame comprises the voice
data of the specific speaker based on the first decision
and the second decision, and output the third decision.

2. The electronic apparatus of claim 1, the detector being
turther configured to smear together a plurality of the third
decisions corresponding to a plurality of the frames and out-
put the smeared plurality of third decisions as a fourth deci-
s1on 1ndicating a state of the plurality of the frames, the state
indicating whether the voice data of the specific speaker 1s 1n
a transition process.

3. The electronic apparatus of claim 2, the detector being
turther configured to output the fourth decision indicating one
of an active state 1n which the voice data of the specific
speaker 1s constantly active, a fade-1n state i1n which the voice
data of the specific speaker 1s transitioning from an inactive
state to an active state, a fade-out state 1n which the voice data
of the specific speaker 1s transitioning from the active state to
the 1nactive state, and an inactive state in which the voice data
of the specific speaker 1s constantly inactive, as the state.
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